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1. Introduction 

The vast majority of music circuits used to relay 
stereoplionic programme signals from outside broadcast 
(OB) venues to studio centres for live transmission are 
rented from the Post Office (P.O.) when required. These 
circuits employ analogue transmission techniques, and while 
they are acceptable for monophonic signals, they are not 
ideally suited for stereophonic applications. In addition, 
the P.O. is unable to provide these occasional music circuits 
from several areas in the U.K. BBC provision of bearer 
circuits using conventional f.m. radio communication tech- 
niques would often involve establishing multi-hop radio 
links to the most suitable studio centre. A way of reducing 
the number of hops would be for the BBC to establish 
stereophonic outside broadcast circuits using radio links 
employing digital techniques. This report describes such a 
system and details are given of some field trials conducted 
jointly by Communications and Research Departments. 



2. Equipment 

A block schematic diagram of the experimental 
equipment used to transmit a stereo sound signal in digital 
form over a single-hop radio link is shown in Fig. 1. 

Referring to Fig. 1, the two sound signals are applied 
to the inputs of a 704 kbit/s multiplex coder^ This unit 
has two outputs; one, the 704 kbit/s data signal; the other, 
a 704 kHz clock signal. The data and clock signals 
are applied to the 4-phase differential-phase-shift-keying 
(d.p.s.k.) modulator^ which modulates the data signal onto 
a 70 MHz carrier. The 70 MHz d.p.s.k. signal is then 
injected into the i.f. input port of a conventional television 
s.h.f. radio link transmitter. At the receiving end, the 
received 70 MHz i.f. signal is extracted from the radio link 
receiver and passed to the 4-phase d.p.s.k. demodulator. 
Because the interface between the 4-phase d.p.s.k. modulator 
and demodulator (modem) and the radio link is made at 
the 70 MHz i.f. frequency, Band V, 2 GHz, 7 GHz or 12 GHz 
radio links may be used. The 4-phase d.p.s.k. demodulator 
provides outputs of 704 kbit/s data and 704 kHz clock to 
drive the 704 kbit/s multiplex decoder . 



In the following sections, the individual blocks that 
make up the complete system are described in more detail. 

2.1 The digital coding and decoding equipment 

The coding equipment accepts two high-quality 
signals, converts them into digital form, processes them to 
reduce the effect of transmission errors and to reduce the 
data rate (using a technique known as "near-instantaneous 
companding""^), and combines them to make one 704 kbit/s 
digital signal. In the decoder the 704 kbit/s digital signal is 
reconverted into two analogue, high quality sound signals. 
Only a brief description of the equipment is given here, and 
further details are available in the reference . 

Fig. 2 shows a block schematic diagram of the digital 
coding equipment. Before reaching the analogue-to-digital 
converter (a.d.c. ) each audio signal is passed through a 1 5 kHz 
low-pass filter and a limiter. The limiters in the two pro- 
gramme channels are cross-connected for stereo operation, 
so that both channels have the same gain. The outputs of 
the a.d.c.s. which comprise 13-bit digital sample words at 
32 kHz, are fed to the compressor (which is, in effect two 
separate compressors — one for each programme channel). 
The compressor takes blocks of 1 3-bit sample words.converts 
the 13-bit words into 10-bit words and generates 2-bit scale- 
factor words, which indicate the degree of compression 
applied to each block of 32 sample words. 

The multiplexer re-orders the 10-bit words from the 
compressor in such a way that the most significant bits are 
given improved immunity to the extended errors which can 
arise in the 4-phase d.p.s.k. transmission system . The 
multiplexer also generates parity for the protection of 
certain most significant bits (m.s.b.)^ of the data words 
and scale-factor words, plus a framing pattern (for syn- 
chronising the decoder) and combines all of these signals to 
make a 704 kbit/s data stream. 

The decoding equipment is shown in the block sche- 
matic diagram of Fig. 3. The framing pattern in the in- 
coming data stream is detected by the framing detector, 
which also checks the parity information for the sample 
words. If an error is detected in one of the sample words. 
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Fig. 2 - Block schematic diagram of coding equipment 



the previous sample word is repeated.* 

The expander separates the data stream into channels 
1 and 2 and scale-factor information (with scale-factor 



* Because one parity bit is shared between two sample words (one 
from each channel) it is not possible to tell which channel contains 
the error. Previous sample words are therefore repeated in both 
channels simultaneously. 



parity) and converts the 10-bit digitally companded sample 
words back into 13-bit p.c.m. sample words, according to 
the information conveyed in the scale-factor words. Scale- 
factor words are protected against errors in a similar 
manner to the sample words: if a parity violation is 
detected, the scale-factor from the previous frame is re- 
tained in the expander. 

The 13-bit sample words are converted back into 
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Fig. 3 - Blocl< schematic diagram of decoding equipment 



analogue signals by digital-to-analogue converters (d.a.c). 
Although some small extra data capacity exists in this 
equipment for carrying additional low bit-rate signals, 
this facility was not used in the work described in this 
report. 

An alarm and mute unit is provided in the decoder, so 
that the output can be muted if the impairment of the 
digital signal becomes excessive. This prevents objectionable 
bursts of errors from being introduced into the broadcast 
network. The input to the decoder is monitored con- 
tinuously, and in the event of failure of the bit-stream the 
mute is applied immediately (within 6 mS). Similarly, if 
the frame lock is lost the mute operates with very little 
delay. The rate at which parity violations occur in the 
sample and scale-factor words is also monitored, and the 
decoder mutes when the error-rate becomes unacceptable 
(i.e. at about 5 in 10 ). This error rate was found to 
produce a subjective impairment of grade 4 ("somewhat 
objectionable") on the E.B.U. six-point impairment scale, 
corresponding to 2.6 on the five-point scale now used. 
When the error rate falls below 5 in 10'' for more than two 
seconds the mute is removed. 

2.2 4-phas8 d.p.s.k. modem 

The basic 4-phase d.p.s.k. modem is described in some 
detail in References 2 and 4, and a brief description only is 
given here. Those units that have been added to complete 
the interface with television radio links are described in 
more detail. 

A block schematic diagram of the modem is shown in 



Fig. 4, the units that have been added to interface with tele- 
vision radio links are enclosed within the dotted lines. At 
the sending end, the 704 kbit/s data and 704 kHz clock 
signals are applied to the 4-phase d.p.s.k. modulator 
operating at 10.7 MHz. The modulator produces the four 
possible phases of the d.p.s.k. signal by rapidly switching 
the phase of the output from a 10.7 MHz crystal oscillator. 
The signal from the modulator is up-converted to 70 MHz, 
and the output from the up-converter is connected to the 
i.f. input of the radio link transmitter by 100m of coaxial 
cable. This length of cable was thought to be sufficient for 
all the likely OB applications of the system. The required 
drive level at the i.f. input of the radio link transmitter is 
0.5V r.m.s. If the up-converter were used to provide this 
level at the far end of the 100m cable its output level would 
need to be quite large. To avoid the need for large signals, 
a small head amplifier is placed just before the input to the 
radio link transmitter. The 12V d.c. power supply for this 
amplifier is fed via the inner conductor of the 100m cable. 

At the receiving end, the 70 MHz i.f. from the radio 
link is connected to the 4-phase d.p.s.k. demodulator by 
100m of coaxial cable. The 70 MHz d.p.s.k. signal is down- 
converted to 10.7 MHz in order to drive the remainder of 
the equipment. The 10.7 MHz signal is then bandpass 
filtered so that its spectrum has a 'raised-cosine' shape , and 
applied to two synchronous demodulators fed by in-phase 
and quadrature components of a locally derived 10.7 MHz 
carrier. The carrier is recovered from the incoming signal 
by a circuit that resembles a complicated phase-locked loop. 
The outputs from the synchronous demodulators are two 
two-level 'raised-cosine' pulse streams at 352 kbit/s. These 
two pulse-streams are reformed into the original 704 kbit/s 
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Fig. 4 - 4-phase d.p.s.k. modem 
-3- 



serial oit-stream in the d.p.s.k. decoder^, in order to per- 
form tiiis operation a clock signal is necessary, and this is 
recovered from the 'raised-cosine' pulse streams themselves. 

Fig. 4 applies to the case of a single hop radio link. 
When more than one hop is necessary a radio link trans- 
mitter and receiver are used at intermediate points as re- 
peaters. At the intermediate points, the i.f. output from 
the s.h.f . receiver is connected to the i.f. input of the trans- 
mitter. 

At the receiving end, the frequency of the i.f. output 
signal from the radio link can drift, in a worst case, over 
about ± 1 MHz. This drift is due to the instability of the 
local oscillators within radio links themselves. Because the 
d.p.s.k. receiver has a relatively narrow bandwidth of 
± 350 kHz, the system has to be arranged to track frequency 
variations inthe 70 MHz received i.f. signal. This is achieved 
by using an a.f .c. circuit. Initially, when establishing a radio 
link, the d.p.s.k. demodulator is manually tuned with the 
aid of a tuning meter. Once in tune, the a.f.c. circuit is 
switched into operation. 

As can be seen from Fig. 4 the d.p.s.k. signal is 
filtered only at the receiving end. At the transmitting end, 
the d.p.s.k. signal, injected into the radio link transmitter, 
has a spectrum extending to 5 MHz either side of 70 MHz. 
By keeping the signal bandwidth large at this point, the 
signal has a virtually constant envelope. Hence, it is not 
distorted by the saturating amplifiers within the radio link 
transmitter. If the signal bandwidth were reduced further, 
the signal would have significant amplitude modulation and 
would te distorted by any saturating amplifiers within the 
radio link. This distortion could produce a loss of 'eye- 
height' of the d.p.s.k. signal. 

2.3 Radio finks ' 

The basic equipment formats of the Band V, 2 GHz, 
7 GHz and 12 GHz mobile links used during the tests 
described in this report are similar and details can be found 
in any of the maintenance manuals. As far as the trans- 
mission of p.c.m. over the links is concerned, the relevant 
link characteristics are summarised in Table 1. During the 
tests a number of different types of aerials were used, and 
their essential characteristics are summarised in Table 2. 

TABLE 1 

ELECTRICAL CHARACTERISTICS 
OF RADIO LINK EQUIPMENT 

Transmitter Receiver System 

Power, Watts N.F. dB. Bandwidth MHz 



TABLE 2 
AERIAL CHARACTERISTICS 



Band V 


2 or 18* 


7 


40 


2 GHz 


2or10'* 


8 


40 


7 GHz 


0.5 


10 


40 


12 GHz 


0.3 


11 


40 



Type 



Gain Beamwidth 
dBi deg 



*This is achieved by adding an amplifier 



BandV 2 x 12 Element yagi 17 20 

. 2 GHz 4ft. diameter paraboloid 25 9 

2ft. diameter paraboloid 19 18 

Disc log periodic 13.5 30 

Franklin 6.0 H:360, V:30. 

Bicone 3.0 H:360, V:60. 

7 GHz 4ft. diameter paraboloid 36 2.5 

2ft. diameter paraboloid 30 5 

Horn 17 20 

12 GHz 4ft. diameter paraboloid 40 1.6 

Table 3 gives a theoretical comparison between digital p.c.m. 
and vision systems of the minimum acceptable received 
carrier power for each type of link used during the tests. 
Details of these calculations are given in the Appendix. 

TABLE 3 

MINIMUM USABLE RECEIVED CARRIER POWER 
(BASED UPON THEORETICAL 
PERFORMANCE OF SYSTEMS) 

Type of link Digital system Vision system. 

dBW dBW 

BandV 

2 GHz 

7 GHz 

12 GHz 

3. Radio link tests 

In preparation for the field trials a 12 GHz radio link 
was set up in a laboratory and tested with digital signals. 

At each of three OBs, measurements were made 
comparing the audio performance of the digital and reserve 
analogue systems. These measurements were conducted at 
the radio link receiver terminal in Manchester for the O.B 
from the Liverpool Philharmonic Hall and in London B.H. 
for the O.Bs from New Theatre Cardiff and Lancaster 
University. The opportunity was also taken to explore some 
of the advantages offered by the use of digital radio links. 
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At the first OB (from Liverpool) the radio link tests 
were conducted to determine whether the received i.f. was 
sufficiently stable to enable the d.p.s.k. demodulator to 
operate within its a.f.c. limits. A second test investigated 
the ability of the equipment to operate over an obstructed 
path. At the OB from Cardiff, the effect of multipath pro- 
pagation on the digital signal was investigated, and com- 
parisons were made between the performance of radio links 
transmitting on different frequencies. Both of these studies 
were continued at Manchester during preparation for the 
OB from Lancaster. 

3.1 Laboratory tests 

Prior to trying out the system in the field, the 
combined performance of the 4-phase d.p.s.k. modem and 
a 12 GHz radio link was measured in the laboratory. The 
experimental arrangement used was similar to that shown 
in Fig. 1, except that a variable waveguide attenuator was 
used to simulate the transmission path between radio link 
transmitter and receiver. 

During the tests, the bit-error rate of the received 
704 kbit/s signal was measured whilst the setting of the 
waveguide attenuator was varied. The error rate was 
measured using a pseudo-random data signal and comparing 
the transmitted and received signals to detect any errors. 
The results of the experiments are shown in graphical form 
in Fig. 5. The vertical exis of the graph shows bit-error rate, 
the horizontal axis shows the received carrier power with 
respect to one watt. When error protection is used, an 
error rate of 1 in 10^ produces a 'just perceptible'^ impair- 
ment in the sound signals. 

It can be seen from Fig. 5 that the d.p.s.k. system can 
operate down to received carrier powers of about —1 25 dBW. 
This figure is in reasonable agreement with the theoretical 
prediction given in section 2.3. 
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-linlO^ 

-130 -128 -^^e -124 --122 

received signal power, relative to ^ watt.dB 
X— — X measured values 

Fig. 5 - Bit-error rate versus received signal power for 
12 GHz link 



In practice, radio links would be engineered so that 
the required level is exceeded for 99.9% of the time. 
Also measured for the 12 GHz radio link, was its performance 
when carrying television signals. When operating in standard 
mode (8 MHz peak-to-peak deviation with pre-emphasis), 
the received peak-to-peak picture to luminance weighted 
r.m.s. noise ratio was 38 dB (corresponding to a carrier-to- 
noise ratio of 12 dB at the receiver demodulator) when the 
received carrier power was - 106 dBW, which compares well 
with that given in section 2.3. 

Thus the d.p.s.k. system has an r.f. fading margin 
which is about 20 dB greater than that of a f.m. television 
system. Most of the increase in fading margin obtained 
when a television f.m. link is used for d.p.s.k. can be 
attributed to the reduction in bandwidth requirements for 
the d.p.s.k. signal. 

3.2 OB from Liverpool Philharmonic Hall 

The usual means of setting up a vision OB radio link 
from the Liverpool Philharmonic Hall to Manchester is to 
use a two hop circuit via a repeater at Bryn Mawr to ensure 
that unobstructed paths can be obtained. 

The circuit was established as for a television 08 
using a 2 GHz link on the first hop and a 12 GHz link on 
the second hop. 

A 12 GHz link was used on the second hop because 
it was felt that if there were any frequency drifting which 
might affect the decoder it would be most noticeable when 
using the highest frequency link equipment available. 
Using 4ft. dishes at each of the three terminals, a satisfac- 
tory vision circuit was established. When the vision f.m. 
signals was replaced by the d.p.s.k. signal, the received 
eye-height was satisfactory, and the digital signal was free 
from errors. A 2ft dish, corner reflector and Franklin 
aerial were substituted in turn at the Hall, and there was no 
deterioration of the error rate or eye-height due to noise 
or multipath effects. 

A direct 32 mile obstructed path was established 
between Liverpool and Manchester using a 10 watt amplifier 
and 4ft aerials. The received carrier power of —110 dBW 
gave a fade margin of 15 dB with an error-free digital 
signal and a satisfactory eye-height. A 2 GHz link was used. 

No adverse effects were observed due to frequency 
drifting of any link. 

3.3 OB from Cardiff New Theatre 

The direct distance between the New Theatre and 
Cardiff BH is 2.3 miles. Links transmitting on 2 GHz and 
7 GHz were established. Two transmitter aerial positions 
were used in order to see whether simpler rigging arrange- 
ments would be possible for a digital link. One position 
was on a vehicle roof some 1 2 ft. above the ground, the other 
was at 50 ft. on the roof of a nearby office block. 

The 7 GHz link could not be established from the 
radio link vehicle roof. However, a 2 GHz link, using 
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Fig. 6a - Multipath distortion of 2T pulse. 
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Fig. 6b - Eye-height display of 704 kbit/s data received 

under conditions of multipath propagation which produced 

the video waveform of Fig. 6a. 



4 ft. transmitter and receiver dishes, was established from 
this lower position, and although the received carrier power 
was low and varied between -110 dBW and -115 dBW, 
the errors in the received p. cm. signal were insignificant. 

Although the path from the roof of the office block 
was not completely clear, circuits were established using 
both 2 GHz and 7 GHz links. Using either the Bicone or 
Franklin aerial at the receive terminal, multipath effects 
produced unacceptable levels of distortion to video wave 
forms (see Fig. 6a), but these conditions did not affect the 
eye-height (Fig. 6b), due to the short delay of the echoes; 
an echo delay of about 1.5 //s is required to affect the eye- 
height significantly. With the 7 GHz link and horn type 
aerials at both terminals, multipath distortions to video 
waveforms were very small; the eye-height was unaffected. 

Table 4 gives the measured input carrier powers for 
various combinations of aerials used with the 2 GHz and 
7 GHz links established from the roof of the office block. 
This table also gives measured fade margins for the 2 GHz 
aerial combinations. This was achieved by attenuating the 
received carrier until the error rate increased to 5 in 10'*. 
It will be noted that for the 2 GHz radio link tests, adding 
the fade margin to the median received carrier power, the 
average minimum received carrier power for the aerial 
combinations tested is about -125 dBW, which compares 
favourably with the value given in section 2.3. Calculated 
values given in Table 4 are based upon an unobstructed 
propagation path. 

It is also interesting to note that the difference between 
calculated and measured received carrier powers is greater 
at 7 GHz than at 2 GHz, indicating that obstruction of the 
propagation path is more significant at higher frequencies. 

3.4 OB from Lancaster University 



The circuit from Lancaster to Manchester required a 
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two-hop radio link via a repeater at Ashurst Beacon. 
Tests to compare the performance on different frequencies 
and the effects of multipath were both carried out over the 
first hop into Ashurst Beacon. The 7 GHz and Band V 
transmitters were rigged on the roof of a building at 
Lancaster University at a height of approximately 50 ft. 
above ground level, and satisfactory signals were received at 
Ashurst Beacon using 4 ft. dishes at both terminals with 
the 7 GHz link and 2x12 element yagi transmit and 
receiver aerials with the Band V equipment. 

The received carrier power at Band V was -92 dBW 
with an 18 watt amplifier at the transmitter, giving a 
calculated fade margin of 33 dB for the digital system. 
With the transmitter aerial moved to 6 ft. above ground 
level and partially obstructed, the received carrier power 
was -94 dBW with a 31 dB calculated fade margin. 

With the Band V link, small multipath reflections 
were observed when a television waveform was transmitted, 
but these in no way affected the digital signal as the echoes 
had too short a delay. 

3.5 Discussion of results 

Although the range and scope of the radio link tests 
described in the preceding sections are limited, it is 
possible to make a number of tentative conclusions; 
first, the frequency stability of existing link equipment is 
sufficient to prevent the a.f.c. in the d.p.s.k. demodulator 
going out of lock; second, the effect of multipath propaga- 
tion on the digital system was found to be insignificant at 
these frequencies; and third, the carrier frequency for stereo 
OB radio link operations could be accommodated wherever 
convenient in the range Band V to 2.0. GHz Before a final 
choice can be made it will be necessary to carry out a more 
extensive radio link survey. 

From the limited amount of experience gained during 



TABLE 4 
PERFORMANCE MEASUREMENTS OBTAINED AT CARDIFF 



Tx aerial 
type 



1. 2 GHz Link 
4ft. diameter paraboloid 
4ft diameter paraboloid 
2ft. diameter paraboloid 
Disc log periodic 

Disc log periodic 

Franklin 

Franklin 

2. 7 GHz Link 
4ft. diameter paraboloid 
4ft. diameter paraboloid 
Horn 



Rx aerial 
type 



measured 



receiver input 
level dew 

calculated 



Measured fade 
margin 



difference 



4ft. diameter paraboloid 


-72 




-65 


7 


53 


Bicone 


-98 




-88 


10 


30 


Bicone 


-104 




-94 


10 


23 


2ft. diameter paraboloid 


-91 




-83 


8 


23 


4ft. diameter paraboloid 


-86 




-77 


9 


- 


2ft. diameter paraboloid 


-95 to - 


-100 


-88 


- 


- 


4ft. diameter paraboloid 


-95 to - 


-97 


-84 


- 


- 



4ft. diameter paraboloid 


-71 


^49 


22 


Horn 


-87 


-69 


18 


Horn 


-106 


-89 


17 



these tests it would seem that a 30 dB fade margin should 
be sufficient for this type of p.c.m. link, which means that 
a nominal received carrier power of —95 dBW should be 
aimed for. 



4. Programme arrangements 

4.1 Technical aspects 

For the OB from the Royal Philharmonic Hall, 
Liverpool, the sound signals were sent in digita! form as 



described in Section 3.2. At Manchester the sound 
signals were to be decoded into analogue form and sent to 
London BH by conventional P.O. music circuits. A block 
schematic diagram of the complete transmission path is 
shown in Fig. 7. Although the digital system was shown 
to work very well, it was not used for the broadcast because 
there was a possibility of a power failure at the Manchester 
receiving site, and P.O. lines were used instead to connect 
the Royal Philharmonic Hall with Manchester. 

On the basis of the encouraging results from the 
Liverpool experiment it was decided to try to send sound 
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signals in digital form all the way to London for the two 
subsequent trials. This would show the full improvement 
in quality that could be realised in the future by an 
all-digital system. For the purpose of the experiment, it 
appeared that television contribution circuits offered the 
best way of getting the digital signals to London. Because 
this new system had to be developed quickly, two methods 
were developed in parallel for transmitting the signals over 
video circuits. It was hoped that at least one of the 
methods would have been completed in time. In fact, 
both methods were completed, and a brief description of 
each of them is given below. 

The first method used a high-density bipolar coding 
system known as HDB3. In the HDB3 signal , a binary 
zero is coded as '0', and a binary one alternately as 
'+1' or '—1': this alternate mark inversion ensures that no 
d.c. component exists in the signal. Furthermore, no more 
than three successive '0' symbols may be sent, so that if the 
need arises for more than three binary zeros to be sent, a 
'+1 ' or '— 1 ' must be sent as every fourth symbol. In order 
that the '0' symbols so modified shall not be interpreted as 
signalling a binary one at the receiving terminal, the sign of 
the fourth symbol is arranged to violate the alternate mark 
inversion principle so that successive '+1' or '—1' symbols 
appear in the signal to represent '0'. 

Because of the absence of the d.c. component and the 
constraint upon the number of successive digits of the same 
level in this code, it can be carried on a transmission path 
which is a.c. coupled and timing information can be extracted 
from it fairly simply. 

A photograph of the HDB3 waveform at the output of 
the binary to HDB3 converter is shown in Fig. 8. This signal 
was attenuated prior to transmission along a television 
contribution link, so that its peak-to-peak amplitude was 
0.5V. At this level there was no possibility of the Post 
Office monitoring and alarm circuit responding to the signal 
or of the appearance of significant out-of-band components 



in the r.f. spectrum of any radio 
part of the contribution circuit. 



inks which might form 



Although the HDB3 code is less rugged than a binary 
code and subject to error-extension effects (i.e. isolated 
transmission errors give rise to bursts of errors in the decoded 
binary signal), it is perfectly satisfactory for use on television 
contribution circuits as these normally have a very high 
signal-to-noise ratio and very low distortion levels. 

In the second method adopted for transmission over 
television contribution circuits, the 704 kbit/s data and 
704 kHz clock signals were combined using f.d.m. By 
sending the clock signal as well as the data the need to 
regenerate a clock signal at the far end of the contribution 
circuit was avoided. This made the equipment relatively 
simple. A block schematic diagram of the f.d.m. system is 
shown in Fig. 9. 

Referring to Fig. 9, the 704 kbit/s Non Return to 
Zero (N.R.Z.) data signal at the output of the 4-phased.p.s.k. 
demodulator (see Fig. 1) was low-pass filtered at 700 kHz 
and then applied to an amplitude modulator fed with a 
3.875 MHz carrier. The modulator was arranged such that 
a binary '1' on the data input gave maximum carrier and a 
binary '0' zero carrier amplitude. The frequency of the 
3.875 MHz carrier was chosen so that any harmonics 
generated during transmission over the contribution circuit 
did not interfere with the pilot-tones used by the P.O. 

The 704 kHz clock signal was bandpass filtered so as 
to produce a sine wave signal. This was combined with the 
3.875 MHz carrier signal and applied to the contribution 
circuit. The carrier signal had an amplitude of 0.3V peak- 
to-peak and the clock signal 0.2V peak-to-peak, giving a 
combined amplitude of 0.5V peak-to-peak to satisfy the 
P.O. requirement. 

Laboratory tests showed that both the HDB3 and 
f.d.m. systems worked well, and there was little difference 
between their performances. 



For the concert from the New Theatre, Cardiff, the 
sound signals were sent in digital form to Cardiff BH, as 
described in Section 3.3. At Cardiff BH, the received 
d.p.s.k. signal was demodulated and the 704 kbit/s data and 
704 kHz clock signals coded into HDB3 form for trans- 
mission to London. 



A schematic diagram of the complete transmission 
path is shown in Fig. 10. 



Fig. 8 - HDB3 waveform 
Horizontal scale: 1 jjsper division 



fox the OB from Lancaster University, the demodu- 
lated data and clock signal were combined in f.d.m. form at 
Manchester and transmitted to London. A schematic 
diagram of the complete transmission path is shown in 
Fig. 11. 

4.2 Performance of the digital system. 

Prior to the start of each broadcast, the digital stereo 
contribution circuits were tested in the same way as the 
normal P.O. contribution circuits. As mentioned earlier 
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ttie normal P.O. circuits were retained as reserves in case of 
failure of the digital links. The tests conducted were for 
amplitude/frequency response, phase difference between 
the two channels of the stereo pair, non-linear distortion 
and signal-to-noise ratio. 

The digital equipment would normally be expected 
to provide a more uniform amplitude/frequency response, 
little lit any) phase difference between channels and very 



low distortion levels. As far as signal-to-noise ratio is 
concerned, the digital system would also be expected to 
provide a better circuit over relatively long distances. 
However, the idle-channel noise which is present in the 
analogue-to-digital converter does make the signal-to-noise 
ratio of the digital system slightly lower than that obtain- 
able with the best analogue music circuits over short 
distances. Idle-channel noise could be reduced by modify- 
ing the system to use 14-bit coding accuracy, as envisaged 
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with NICAM-3.* 

The results of the amplitude/frequency and phase/ 
frequency response tests conducted on the digital arxl 
analogue circuits from Cardiff New Theatre to London BH 
are shown in Fig. 12. The digital equipment was fed with 

• 'NICAM' stands for Near-Instantaneous Companding Audio Multi- 
plex, and the original companding system as used in the 704 kbit/s 
system is rww designated 'NICAM-1'. 



input signals at a level of -10 dBm for these tests in order to 
prevent the variable-emphasis limiters from operating and 
distorting the response at high frequencies. Even after 
equalisation, the analogue circuits were inferior to the 
digital system, and the useful response of the digital system 
extended to 14 kHz compared with 10 kHz for the analogue 
circuits. As far as signal-to-noise ratio was concerned, the 
digital system was 10 dB better than the analogue system 
for the unweighted measurements, and about 4 dB better 
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Fig. 13 - Results of tests on amplitude frequency response and phase-difference between channels for analogue and digital 

contribution circuits from Lancaster University to London B.H. 



than the better of the two analogue channels for the 
weighted measurements. Harmonic distortion products were 
at least 10 dB lower in the digital system (once again, one 
analogue channel was better than the other). 

Fig. 13 shows the results of the amplitude/frequency 
and phase/frequency response tests conducted on the 
analogue and digital circuits from Lancaster University to 
London BH. Difficulty was experienced in obtaining 
satisfactory analogue circuits, and eventually a sending 
level of +4dB relative to the normal level was adopted for 
the P.O. circuits, so that an acceptable signal-to-noise ratio 
could be achieved. Even so, a continuous tone at about 
10 kHz could be heard at low level on the analogue 'A' 
channel. As with the Cardiff broadcast, the digital system 
provided the better contribution circuit, and the difference 
between the two systems was very noticeable on listening 
tests. Signal-to-noise ratios were, as before, at least 10 dB 
higher for the digital system. Harmonic distortion products 
were between 8 and 17 dB lower for the digital system. 



5. Future developments 

5.1 Radio links 

The case for the BBC to provide its own temporary 
stereophonic OB circuits to studio centres using digital radio 
links will depend on the relative costs, relative technical and 
operational performance and availability of temporary 
circuits for hire from the P.O. 

The P.O. intend to convert much of their present 
balanced pair carrier network, the phantom of which is 
used for music circuits, to digital telephony. This will 
prevent the use of the phantom for music. Although these 
lost circuits will be replaced by carrier equipment, the need 
for the BBC to provide stereo OB circuits using radio links 
is likely to increase, particularly during periods of peak 
activity. 

In the long term it is probable that the major part 
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of the P.O. communications network will adopt digital 
techniques for all purposes. In the event of the BBC 
providing its own temporary stereo circuits, there would 
be advantages if these too used digital techniques. 

At the moment the circuits hired from the P.O. for 
stereo are essentially mono, equalised to approach the 
standards normally expected for stereo broadcasting. The 
P.O. will be prepared to offer dedicated stereo circuits for 
hire, but these would be expensive in comparison. 

The specification of stereo capable digital radio links 
will depend largely on future levels of programme activity. 
If it remains at a low level it would seem prudent to use the 
type of link systems described in this report, i.e. a vision 
capable link with its f.m. modem replaced by a d.p.s.k. 
type. Using these types of links for multihop systems 
would mean that narrow bandpass i.f . filters would have to 
be fitted to the receivers at each repeater to ensure that 
their threshold level approaches that achieved by the 
receiver terminal. This could be done quite easily without 
precluding the use of these links for television, but the 
reduction in threshold level which could be achieved at the 
repeaters is unlikely to be as great as that for the receiver 
because of frequency stability problems (the d.p.s.k. 
demodulator in the receiver, which contains a narrow band 
i.f. filter, employs a simple frequency tracking system 
— see section 2.2). 

On the other hand, if the level of stereo OB activity 
were to increase significantly it might be worth using 
specially dedicated digital links to overcome this problem. 
Small, light, directly modulating digital link systems should 
be cheaper than standard television types. A compromise 
between these approaches might be to use dedicated link 
equipments at the transmitter terminal and standard types 
at the repeaters and receiver terminals so that the Radio and 
Television Services could share facilities. 

5.2 Contribution circuits 

The digital system described is suitable for trans- 
mitting high quality stereo signals from programme source 
to studio centre, offering improved performance over 
analogue systems. However, as discussed in section 4.1, 
to realise the full benefits of digital transmission the complete 
contribution circuit to London BH must be digital. In the 
long term the P.O. is likely to provide suitable digital 
circuits. However, in the shorter term it is worthwhile to 
consider methods that could be adopted to achieve this 
objective. 

One possibility would be to use a television contri- 
bution circuit with one or other of the methods described 
in section 4.1 . Another possibility would be an 'over-video' 
system in which the digital signal is modulated on to a sub- 
carrier above the vision band. The second possibility would 
allow simultaneous use of the circuit for vision and stereo 
sound. 

5.3 Digital coding and companding 

Most of the digital systems under consideration for 
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the distribution of programmes nationally, and for the 
exchange of programmes internationally, employ 14-bit 
coding. It is likely that at some time in the future, when 
digital techniques in the studio and digital recording systems 
have reduced programme noise to very low levels, the idle- 
channel noise levels obtained with a 13-bit digital system, 
such as the 13 channel p.c.m. network which is now in use, 
will no longer be considered acceptable. Future equipment 
for providing digital stereo contribution circuits from OB 
sites will either use 14-bit coding, or contain 13-bit a.d.cs. 
and d.a.cs. and have the ability to accept suitable 14-bit 
units as 'plug-in' replacements when these are available. 

It has now been agreed within the BBC that a modified 
companding system, known as NICAM-3, is adequate for 
all high-quality sound requirements and that this coding 
system will be developed for use in future transmission 
systems. 

The bit-rate requirements for NICAIVI-3 have been 
determined, taking account of factors such as error- 
correction and partial access, and detailed proposals have 
been formulated. For NICAM-3, each programme channel 
will require a bit-rate of 338 kbit/s. A stereo system will 
require 676 kbit/s. The system has been designed to be 
suitable for use on a wide variety of links including digital 
links to be provided by the P.O. 

6. Conclusions 

This report has described field trials of a prototype 
digital system for transmitting stereo signals from an OB 
programme source to the most convenient studio centre. 
The system was used successfully on two occasions towards 
the end of 1977 for live broadcasts from Cardiff and 
Lancaster. 

The field trials showed that the digital system was 
superior to conventional analogue circuits provided by the 
P.O. in the three cases considered. The system was also 
shown to be very rugged when operating over radio links, 
and would allow longer or more obstructed paths to be 
engineered than is current practice for vision links. 
Furthermore, on short paths simple aerial systems could be 
used. 

This report suggests that to realise the full benefits of 
digital systems the sound signals should be relayed all the 
way to London from the OB source in digital form. 
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1. Vision f.m. systems 



Appendix 
Receiver input carrier power calculations 

than the minimum carrier power. 



The receiver carrier-to-noise ratio at which the vision 
signal-to-noise ratio Incomes unacceptable is 1 2 dB (this is 
equivalent to a luminance weighted signal-to-noise ratio of 
38 dB). 

Now, the carrier-to-noise ratio is given by the formula: 

C 



= C - (KTB + F) dB 



N 



Where KTB is the noise power expressed in dBW in band 
width B (—144 dBW/MHz), F is the receiver noise figure in 
dB and C is the carrier power in dBW. 

Using the information contained in Table 1, the 
minimum tolerable receiver input carrier powei- can easily 
be calculated. It is usual to ensure that the minimum 
received carrier powers are exceeded for 99.9% of the time. 
Generally speaking, carrier fading follows a Rayleigh 
distribution, and in order to meet this objective, the 
minimum median received power is made 30 dB greater 



2. d.p.s.k. system 

The receiver carrier-to-noise ratio at which errors in 
the stereo d.p.s.k. system becomes "just perceptible" is 
13.4 dB, and the bit-error rate at this point is 1 in 10 . 
However, error rates greater than this can be tolerated 
provided they occur for only very short periods of time. 
It is probably sufficient, therefore, to define the maximum 
tolerable error rate as 5 in 10'* ("somewhat objectionable") 
provided it exists for less than 0.1% of the time. An error 
rate of 5 in 10'' is regarded as the threshold of the digital 
system, and results from a received carrier-to-noise ratio for 
the d.p.s.k. system of about 10 dB. Assuming the noise 
bandwidth, B, of the d.p.s.k. system is ±350 KHz, and 
using the information contained in Table 1 the minimum 
tolerable receiver input carrier power to be exceeded for 
99.9% of the time can easily be calculated. 

Assuming "Rayleigh fading", the median received 
carrier powers are made 30 dB greater than the minimum 
values. 
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